CLAIMS 



1. A method of reducing random, continuous, non-stationary noise in 
audio signals which are present in discrete form or which are obtained from 
the sampling of an analog audio signal with random, continuous, non- 
stationary noise, wherein the noisy audio signal is filtered by means of a 
filter function, characterised in that the filter function is determined 
dynamically having regard to the current properties of the noisy audio 
signal and/or its constituent parts, and that the filter function is limited 
dynamically having regard to the current properties of the noise component 
contained in the noisy audio signal. 

2. A method as set forth in claim 1 characterised in that 

an estimate of the noise component of the noisy audio signal is 
produced, which describes the change in respect of time of the noise, 

the unrestricted filter function H G (mJ) is determined in per se 
known manner from the estimate of the noise component, 

a restriction function y SF (mJ) is produced in dependence on the 
estimated noise component of the noisy audio signal, and a restricted filter 
function H b is produced in accordance with the following: 



and is used for filtering the noisy audio signal, 

wherein m is the considered discrete spectral frequency or another 
parameter which permits an equivalent representation of the signals and / 
is the discrete time of the respectively considered signal block in the case 
of block-wise signal processing, wherein a block may also include only one 
sample value. 




(mj) for H£"(mJ)>y SF (m,l) 




y SF (mJ) other 



3. A method as set forth in one of claims 1 and 2 characterised in 
that the restriction function y SF (mJ) is produced in dependence in respect 
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of time on the estimate which is variable in respect of time of the noise 
component of the noisy audio signal. 

4. A method as set forth in claim 3 characterised in that the 
restriction function y SF (mJ) is produced in dependence in respect of time 

on the instantaneous noise power which is variable in respect of time of the 
estimated noise component of the noisy audio signal. 

5. A method as set forth in one of claims 1 through 4 characterised 
in that the restricted filter function is produced in one method step. 

6. A method as set forth in one of the preceding claims characterised 
in that filtering of the noisy audio signal is executed in the time domain, in 
the frequency domain or in another mathematically describable signal 
space. 

7. A method as set forth in one of the preceding claims characterised 
in that the unrestricted filter function H^ n {mJ) is determined in accordance 

with an approach according to Wiener, in which the mean quadratic error 
between useful signal and estimate is used as the approximation criterion. 

8. A method as set forth in one of the preceding claims characterised 
in that the unrestricted filter function H^ n {mJ) is determined in accordance 
with the amplitude subtraction method. 

9. A method as set forth in one of claims 1 through 8 characterised 
in that the noisy audio signal x(k) is transformed into the frequency 
domain, then the noise component N(mJ) of the transformed noisy audio 
signal X(mJ) is estimated, the unrestricted filter function H^ n (mJ) and the 
restriction function y SF {mJ) is produced and the restricted filter function 
H b is formed therefrom, then the transformed noisy audio signal X{mJ) is 
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multiplied by the restricted filter function H h and then transformed back 
into the time domain. 

10. A method as set forth in claim 1 characterised in that the filter 
function H^ n (mJ) is determined by means of a known approach utilising an 

estimate <& NN (mJ) of the instantaneous auto-noise power density. 

11. A method as set forth in claim 10 characterised in that the 
estimate <& NN (mJ) of the instantaneous auto-noise power density is 

determined from a weighting of the estimate 0 NN (m) with a time- 
dependent weighting factor a(mj) to give: 



12. A method as set forth in claim 11 characterised in that the 
weighting factor a(m,l) is ascertained in accordance with: 



wherein X{mJ) is a representation of the noisy audio signal. 

13. A method as set forth in claim 11 or claim 12 characterised in 
that the dynamic restriction function y SF (mJ) is determined as: 

y SF (mJ)~(a(mJ)Y , with -5 <p <5. 

14. A method as set forth in claim 13 characterised in that 



15. Apparatus for reducing random, continuous, non-stationary noise 
in audio signals which are present in discrete form or which are obtained 
from the sampling of an analog audio signal with random, continuous, non- 



0 NN (mJ) = a(mJ)-0 NN (m). 




,0 = 1/2. 
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stationary noise, wherein the noisy audio signal is filtered by means of a 
filter function, characterised by a device (4; 22) for estimating the noise 
component of the noisy audio signal, wherein said estimate takes account 
of the change in respect of time of the statistical properties of the noise, 

a device (8; 30) for producing an unrestricted filter function h£" in 

per se known manner having regard to the previously ascertained estimate 
of the noise component which takes account of the changes in respect of 
time of the statistical properties of the noise, 

a device (24, 40) for producing a time-dependent restriction function 
y SF in dependence on the estimated noise component of the noisy audio 
signal, and 

a device (7; 40) which produces a restricted filter function H b from 

the unrestricted filter function HjP" and the time-dependent restriction 

function y SF , and 

a filter (7; 50) which filters the noisy audio signal with the restricted 
filter function H b . 

16. Apparatus as set forth in claim 15 characterised in that the 
device (9; 40) produces the restricted filter function H b in accordance with: 



H$ n (m,l) for Hf 



(m,l)> y SF (m,l) 




y SF (m,l) other. 
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